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In this paper, we propose a simple yet effective frame-
work for multilingual end-to-end speech translation (ST),
in which speech utterances in source languages are di-
rectly translated to the desired target languages with a
universal sequence-to-sequence architecture. While mul-
tilingual models have shown to be useful for automatic
speech recognition (ASR) and machine translation (MT),
this is the first time they are applied to the end-to-end ST
problem. We show the effectiveness of multilingual end-
to-end ST in two scenarios: one-to-many and many-to-
many translations with publicly available data. We exper-
imentally confirm that multilingual end-to-end ST models
significantly outperform bilingual ones in both scenarios.
The generalization of multilingual training is also evalu-
ated in a transfer learning scenario to a very low-resource
language pair.
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3. Personalized Quantification of Voice
Attractiveness in Multidimensional
Merit Space
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4. Tacotron-based acoustic model using
phoneme alignment for practical neu-
ral text-to-speech systems
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Although sequence-to-sequence (seq2seq) models based
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on attention mechanism in neural text-to-speech (TTS)
systems can jointly optimize duration and acoustic mod-
els, and achieve high-quality synthesis, these involve a
risk that speech samples cannot be sometimes success-
fully synthesized due to the attention prediction errors.
Therefore, these seq2seq models cannot be directly used
in practical TTS systems. On the other hand, conven-
tional pipeline models are broadly introduced in practi-
cal TTS systems since there are few crucial prediction er-
rors in the duration model. To realize high-fidelity practi-
cal TTS systems without attention prediction errors, this
paper investigates Tacotron-based acoustic models with
phoneme alignment instead of attention mechanism. The
phoneme durations are obtained from HMM-based forced
alignment and a conventional bidirectional LSTM-based
duration model is introduced. Then, a seq2seq model with
forced alignment instead of attention is investigated and
an alternative model with Tacotron decoder and phoneme
duration is proposed. The results of experiments with full-
context label input using WaveGlow vocoder indicate that
the proposed model can realize a high-quality TTS system
for Japanese with a real-time factor of 0.13 using a GPU

without attention prediction errors.
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5. Knowledge Distillation for Throat Mi-
crophone Speech Recognition
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6. Estimation of Number of Chewing
Strokes and Swallowing Events by Us-
ing LSTM-CTC and Throat Micro-
phone
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